This paper presents a novel simulated model for a wireless data acquisition system. The system will read analogue information provided by two sensors and can be used for medical purposes. Real data has been obtained and a simulation of the two signals coming from both pH and pressure sensors embedded in the system has been employed. The created model contains four main units simulated using SIMULINK. At the first unit, the output signal is encoded to digital signal based on adapting one of the Pulse Coding Modulation (PCM) algorithms. The second unit simulates the processor function that is responsible for framing, mixing and compressing the incoming hit streams from both sensors. The third unit, where the digital data is modulated and sent through different noisy channels, represents an efficient FSK transmittertreceiver model. At the receiver end, the signal is demodulated and processed inversely to extract the original analogue signal read by the two sensors.
INTRODUCTION
Such systems are required to have many attributes, such as low cost, robusmess and real-time data processing. The need for wireless communication is increased by the high cost of wiring and the growing demand for distributed and remote sensing, data acquisition, and control. Sensor manufacturers are integrating RF systems in the same enclosure as their sensing devices. Wireless communication is a viable and cost-effective method of transmitting data over long distances, through elechically noisy environments. A number of telemetry-based medical systems have been developed for different implanted applications [3, 4, 5] .
A general block diagram of a telemetry data acquisition system is depicted in Figure 1 . It consists of analog stage, where a signal read by the sensors is recorded, digitally encoded where the signal will be converted to a bit stream, processor unit and the RF unit that combines both transmitter and receiver circuitry.
In this paper, a novel data acquisition system has been developed, simulated and tested. Pressure and pH sensors signals are employed for system performance assessment as they have a significant role m environmental monitoring [6] . Four algorithm! have been introduced in the system to achieve high data compression; which will be presented in the next sections. Figure.2 shows the main task and functions that should be implemented by the proposed system. In the first stage, two different analog signals obtained from a real data [7] are simulated and encoded into digital signal. The sources of the two signals are a pH and pressure sensors that have been used for medical applications. As shown in Figures 3 and 4 , the rate of change of the two analog data are quite different, such that pressure signal is rapidly changing in a random way, while the pH taking a relatively stable values over a certain periods. The system functions can be divided into four main stages. The output of the first stage is a digital encoded bit stream using a PCM algorithm as will be explained in the next section. The two binary data streams coming from the two channels are processed by the controller unit, which represents the second stage. The data coming from each channel is kamed, multiplexed and compressed at this stage before it is sent to RF unit. At this stage, the serial binary stream will be modulated using FSK and sent through a noisy RF channel to the receiver. The data is then demodulated at the receiver side and inversely processed to recover the two analog signals. The PCM methods used in this system a s the uniform quantization, nonuniform quantization, differential pulse code modulation and adaptive pulse code modulation. The performance of the simulated system will he assessed in two stages. At first stage, the effect of data compression implemented by the controller unit and tested with the different PCM methods. Then the RF channel performance for a certain range of frequencies is investigated for different conditions.
System Specifications

Pulse Code Modulation Algorithms (PCM)
PCM is the most obvious method developed for digital coding of waveforms and it is often used for speech signals, which have a non-stationary nature. Essentially it refers to the process of quantizing the samples of discrete-time signal, so that both time and amplitude are represented in a discrete form. Three different PCM methods have been adapted in the proposed system, these are [8,9]:
Uniform Pulse Code Modulation (UPCM)
It is a digital representation of an analog signal where the magnitude of the signal is sampled regularly at uniform intervals of duration. Every sample is quantized to a series of symbols in a digital code, which is usually a binary code. A uniform quantizer with an even number of outputs values is employed in this method. For a uniformaly distributed input variable x with standard deviation U and zero mean, the probability density function (PDF) is:
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Nonuniform Pulse Code Modulation (NPCM)
For a nonuniform quantizer, the input is fust transformed with a memoryless monotonic nonlinearity f (.) to produce an output f(x).Then it is quantized uniformly with the quantized values transformed by the inverse nonlinearity.
One of the two main logarithmic functions that have become widely used as design guidelines for non-uniform quantization, is the p-law function, which is given by:
Where A is the peak-input magnitude and p is a constant that controls the degree of compression. The prevailing value used in practice is ~= 2 5 5 .
Differential Pulse Coding Modulation (DPCM)
DPCM is based on the notion of quantizing the predictionerror signal. In many signal sources, samples are correlated with their neighbours, so the cnrrent sample can be easily predicted from the past history by forming the predictionerror signal. By quantizing the prediction error, a higher signal-to-noise ratio can be achieved for a given resolution. This method is presented in Figure 5 , 
Simulation Of The Controller Unit
This unit has been modeled so that the following tasks can he achieved I-Framing the input coded bit streams coming from the 2-Control the operation of the RF transmitterlreceiver serial bits to be PCM stage.
by compress the amount of transmitted. 
PH
SIMULATION OF THE RF
TRANSMITTEIURECEIVER
Wireless transmitters and receivers can be concephlally separated into baseband and RF sections [IO] . Baseband is the range of hequencies over which transmitters take their input and receivers produce their output. The RF section of the transmitter is responsible for converting the processed baseband signal up to the assigned channel and injecting the signal into the medium. One of the main goals of the transmitter is to transmit a specified amount of power while consuming a little power as possible. Regarding the receiver design requirements, it must faithfully recover small signals and reject interference outside the desired channel. RF system are constructed primarily by using four basic building blocks; there are amplifiers, filters, mixers, and oscillators [I I]. Figure 9 illustrates the architecture of the simulated direct transmitterireceiver using SIMULINK. As can be seen from the figure, a voltage controlled oscillator (VCO) is employed in the transmiter side to modulate the incoming data. At the receiver, a two quadrature VCO's will be multiplexed with the modulated signal coming from the noisy RF channel and down convert its frequency using anlog low pass filters. A logic detector will be used to determine the demodulated bit whether Oorl. The output voltage signal from the transmitter VCO can be expressed as:
where M',~ is a function of the input digital signal. The output voltage at the receiver side will be: The carrier freuqnecy range considered in this system varies between 2.0-lOOMHz with a bandwidth of 20MHz, assuming a short range wireless transmission.
I ne] I i Figure . 9. Structure of the simulated FSK transmitterireceiver
SIMULATION RESULTS
Testing PCM and compression mechanism
The performance of the compression implemented by the controller was assessed in terms of the total number of repeated and unrepeated frames that have to be sent to the receiver side. The three PCM methods were simulated initially at a rate of 1 Kbps. The output rate of the controller after framing and multiplexing is 2.5 Kbps. The results have been computed for both pH and pressure signals as shown in Tables I and 2 for total time of 50 seconds. In general, it is obvious from the tables that the number of the unrepeated frames for the pressure signal is more than that for the pH, since the pressure is changing rapidly. This means that the current sample of the pressure signal is most likely to be dissimilar from the previous one. In contrast to the pH signal in which, the current will stay the same to the previous for a longer time intervals. A good ratio was obtained by using NPCM, where the signal was first compressed by the p-function before a uniform encoding occurs. Whereas DPCM has minimum compression ratio, since it is more sensitive to the differential change between the current and previous samples. 
, Figure . IO. Original and demodulated using FSK receiver with a carrier frequency of IOOMHZ compressed is much more less than for the other schemes. The same tests have been taken for the other PCM scheme as shown in Figure 13 . It is clear from the graphs that a slight improvement in BER is obtained when the DPCM is working in the compression mode. This was expected as the amount of data compressed or stored and not sent are much less for the two schemes. As a result of this, the distortion caused by using the DPCM on the recovered signal at the receiver side is smaller compared with the NPCM. However the UPCM proved to have a better performance in t e m of the data compression and distortion effect. Figure .12. Simulated BER performance for FSK system using DPCM
CONCLUSIONS
In this paper, a novel model for a wireless sensor data acquisition system based on PCM schemes has been presented. The system mainly consists of four main stages. The function of each stage was verified and its relation to the other parts of the system was identified. Four different PCM schemes have been considered in this model.
At the simulated controller unit, a compression mechanism based on sending only the unrepeated frames has been developed. Two real signals of the pressure and pH sensors have heen employed in this model. Two main objectives were considered in this work, first the effect of using the four PCM methods on the overall system performance and the second is the influence of the compression applied by the controller on the data transmission through the RF channel.
From the presented results, a minimum distortion in the recovered signals in both, pH and pressure sensors were obtained by using the UPCM and DPCM. Finally it was found that when the NPCM and the compression mechanism are used in combination, a significant reduction io the amount of data transmitted through the channel is obtained.
